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DIGITAL RATE CONVERTER 



Field of the Invention 
5 The present invention relates generally to a digital amplifier system, 

and more specifically, to a sample rate converter in a digital amplifier 
system. 

Related Art 

10 Asynchronous sample rate converters are commonly used to convert a 

digital signal having one sample rate to a digital signal having another 
sample rate. Asynchronous sample rate converters generally receive a digital 
signal having a first sample rate as input and output a digital signal having a 
second sample rate referenced to a local clock. Performing asynchronous 

15 sample rate conversion allows processing systems that operate at varying 
sample rates to process one another's signals. 

One analog solution known in the art that performs such an operation 
uses dependent clock sources and locks the local clock to the input signal. 
Locking the local clock to the input signal generates jitter in the local clock 

20 which is undesirable and degrades overall system performance. In the 

context of a digital audio amplifier, jitter in the local clock directly translates 
to noise that may be heard by the end user since the output is created by 
counting the local clock. In addition, the analog nature of this solution 
makes it a solution that is difficult to integrate with digital systems. 

25 In another solution known in the art that uses dependent clock sources, 

the number of input samples and number of output samples are typically 
sampled only slightly above the Nyquist sampling rate. Selecting sampling 
rates just above the Nyquist rate generally does not yield the desired audio 
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output in some digital audio amplifiers, since when the number of input 
samples and output samples are relatively low, the digital audio amplifier is 
more prone to noise and jitter then when the sampling rate is significantly 
higher than the Nyquist rate. 
5 Therefore, the need exists for an electronic system that uses digital 

amplifier system that does not use dependent clock sources to perform 
asynchronous sample rate conversion. 

Brief Description of the Drawings 

10 

The present invention is illustrated by way of example and not limited 
by the accompanying figures, in which like references indicate similar 
elements, and in which: 

FIG. 1 illustrates, in block diagram form, an electronic system that 
15 uses a digital amplifier in accordance with one embodiment of the present 
invention; 

FIG. 2 illustrates, in block diagram form, a digital rate converter, in 
accordance with one embodiment of the present invention; and 

FIG. 3 illustrates a digital sampling positioner, in accordance with one 
20 embodiment of the present invention. 

Skilled artisans appreciate that elements in the figures are illustrated 
for simplicity and clarity and have not necessarily been drawn to scale. For 
example, the dimensions of some of the elements in the figures may be 
exaggerated relative to other elements to help improve the understanding of 
25 the embodiments of the present invention. 
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Detailed Description of the Drawings 

In a digital amplifier system it may be necessary to synchronize the 
incoming digital data stream with a low jitter clock source, e.g., for pulse 
5 width modulation quantization in a digital amplifier. Various embodiments 
described herein relate to using an asynchronous sample rate converter to 
perform such an operation. Although many of the embodiments described 
herein are in reference to providing the output signal of the asynchronous 
sample rate converter to a pulse width modulated (PWM) digital amplifier, 

10 the embodiments described herein may also use other types of digital 

amplifiers, such as, for example, a pulse density modulated digital amplifier. 

FIG. 1 illustrates, in block diagram form, an electronic system 100 for 
amplifying digital signals in accordance with one embodiment of the present 
invention. Electronic system 100 may be any system that amplifies digital 

15 signals, such as, for example, a compact disc (CD) player, an MP3 player, a 
mini-disc player, etc. In one embodiment, electronic system 100 uses an 
asynchronous sample rate converter (using independent clock sources) to 
convert a digital signal having one sample rate to a digital signal having 
another sample rate. The converted digital signal is amplified using a digital 

20 amplifier which allows a listener to listen to the amplified digital signal via 
audio speakers. 

In one embodiment shown in FIG. 1, electronic system 100 includes 
an interpolator 102, asynchronous sample rate converter 106, digital 
amplifier 108, clock source 104, controller 112, digital signal processor 
25 (DSP) 1 16, speaker 1 18, and crystal clock 1 10. DSP 116 is coupled to 
interpolator 102, which is coupled to controller 112 and asynchronous 
sample rate converter 106. Asynchronous sample rate converter 106 is also 
coupled to clock 104, crystal clock 110, and digital amplifier 108. Digital 
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amplifier 108 is coupled to crystal clock 110, asynchronous sample rate 
converter 106, and speaker 118. 

In operation of one embodiment of the present invention, data input 
signal 128 (data input 128) having a sampling rate Fs is received by DSP 
5 116. DSP 116 processes data input 128 and provides as its output processed 
data input signal 130 (processed data input 130) also having a sampling rate 
Fs . Note that in one embodiment of the present invention, DSP 116 may not 
be present in electronic system 100 and data input 128 may be provided 
directly to interpolator 102. Interpolator 102 receives processed data input 

10 130 and upsample ratio signal 136 (upsample ratio 136) from controller 1 12, 
and upsamples the processed data input 130 at the sampling frequency 
dictated by an upsample ratio as indicated by upsample ratio 136. In one 
embodiment, upsample ratio 136 is generated by controller 1 12 and is based 
on a "selection" made by the user of electronic system 100. A "selection" 

15 may be, for example, when a user selects to listen to a compact disc or an 
MP3. In one embodiment each selection may utilize a specific upsample 

ratio defined as u = — , where y and ml are constants based on an industry 

ml 

standard being used for electronic system 100. For example when y is 64 

and ml is 4, the upsample ratio is w = — = — = 16. 

ml 4 

20 Interpolator 102 receives processed data input 130 having a sampling 

rate Fs and upsample ratio 136 from controller 112 and outputs the 
upsampled processed input signal 132 (upsampled processed input 132) 
having a sampling rate Fsi . In one embodiment the sampling rate Fsi is 
determined by multiplying the upsample ratio (as indicated by upsample 

25 ratio 136) by the sampling rate Fs of processed data input 130, i.e., 

Fsi = u*Fs. In one example where a user has selected information from a CD 
to be amplified by electronic system 100, the upsample ratio is 16, the data 
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input sample rate Fs is 44.1 KHz, and the sampling rate Fsi of the 
upsampled processed input 132 is 705.6 KHz. 

Operation of FIG. 1 will be further described with reference to FIG. 2. 
FIG. 2 depicts one embodiment of a digital rate converter 103 which 
5 includes interpolator 102 and asynchronous sample rate converter 106. 

Asynchronous sample rate converter 106 includes Lagrange interpolator 202, 
buffer 206, and digital sampling positioner 208. Upsampled processed input 
132 is provided to buffer 206 of asynchronous sample rate converter 106 
from interpolator 102. Buffer 206 contains a plurality of slots (buffer 

10 positions) where each slot is used to store a sample provided as upsampled 
processed input 132 from interpolator 102. In one embodiment, each sample 
includes a plurality of bits whose sample size is dependent upon the accuracy 
of the analog-to-digital converter being used by electronic system 100. For 
example, for a high quality digital amplifier system the sample size may be 

15 16 or 24 bits wide. Buffer 206 of asynchronous sample rate converter 106 
receives upsampled processed input 132 and stores a sample in each slot 
corresponding to each upsampled process input 132. 

Digital sampling positioner 208 of asynchronous sample rate converter 
106 (which in one embodiment may be implemented as a servo) receives 

20 CLKIN signal 140 (CLKIN 140) from clock 104 having a frequency fclkin , 
CLKOUT signal 142 (CLKOUT 142) from crystal clock 110 having a 
frequency fclkout , and new data (ND) signal 220 (new data 220). In one 
embodiment new data 220 is provided to digital sampling positioner 208 
from buffer 206 to indicate whether new data (new upsampled processed 

25 input 132) has been input into buffer 206. The clock frequency, fclkin , is y 
times the sampling rate Fs of processed data input 130. For example, when 
y is 64 and Fs is 44. \KHz , the clock frequency 

is fclkin = y Fs = 64 • 44 AKHz = 2. 8224 KHz - In one embodiment the crystal 
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clock frequency, fclkout , is selected by design and may be, for example, 48 
MHz, as is the case for some of the embodiments described herein. For the 
embodiment shown, clock 104 and crystal clock 110 and their corresponding 
clock signals, CLKIN 140 and CLKOUT 142, are independent of one 
5 another. 

Digital sampling positioner 208 uses CLKIN 140 and CLKOUT 142 
to generate buffer pointer (BP(m)) 214 and fractional position indicator 
(<5(m)) 216, where m is the sample index of upsampled output signal 134 
(upsampled output 134) provided to digital amplifier 108. In one 

10 embodiment buffer pointer 214 is a pointer generated by digital sampling 
positioner 208 which points to an address in buffer 206 that indicates the 
location in buffer 206 to select a predetermined number of samples. In one 
embodiment the selected predetermined number of samples may be 
consecutive samples and referred to as a predetermined number of 

15 consecutive samples. In another embodiment, the predetermined numbers of 
samples are not consecutive. The buffer pointer location selected may be at 
any one of the predetermined number of consecutive samples based on the 
convention used by electronic system 100. Selector 204 uses buffer pointer 
214 to select the predetermined number of consecutive samples. For one 

20 embodiment, the predetermined number of consecutive samples selected by 
digital sampling positioner 208 is 5, however, the predetermined number of 
consecutive samples may vary depending on the desired accuracy of the 
upsampled output 134. 

The predetermined number of consecutive samples (provided from 

25 buffer 206) and fractional position indicator 216 (provided from digital 
sampling positioner 208) are provided to Lagrange interpolator 202. 
Lagrange interpolator 202 uses both the predetermined number of 
consecutive samples and the fractional position indicator S(m) 216 to 
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generate upsampled output 134, which is estimated to be at a time S(m) from 
the center sample of the predetermined number of consecutive samples. One 
advantage that may occur with using a Lagrange interpolator as interpolator 
202 is that it may provide for a scalable and accurate interpolation technique 
5 that interpolates to a time point between samples. However, other types of 
interpolators may be used in other embodiments. 

FIG. 3 depicts one embodiment of digital sampling positioner 208. 
Digital sampling positioner 208 includes summation block 302, summation 
block 320, summation block 316, multiplier 304, multiplier 306, multiplier 
10 308, multiplier 310, and multiplier 312, and counter block 3 14. The 

fractional position indicator (S(m)) 216 and the buffer pointer (BP(m)) 214 
outputted by digital sampling positioner 208 will now be discussed further in 
detail. 

Fractional position indicator (6(m)) 216 is a position indicator 
15 generated by digital sampling positioner 208 which indicates the offset 
(measured in time and normalized to the sample rate Fsout of output 134) 
between the center sample of the predetermined number of samples and the 
desired corresponding output by Lagrange interpolator 202 provided as 
signal 134. In one embodiment fractional position indicator 216 is 
20 calculated based on the frequencies fclkin of CLKIN 140 and fclkout of 
CLKOUT 142 and may be determined by summation block 316 using the 
following mathematical formulas: 

6 (m) = S (m - 1) + a(n) - round (6 (m - 1) + a(n)) , 
a(n) = (I(n-l)-Kl)+a(n-l) 
25 fclkin = Fs - y , 
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m2= f*k£!tL, 
Fsout 

where the upsample ratio, CLKOUT 142 frequency fclkout , and integer y 
are constant values. The index value m is the sample index of upsampled 
output 134 and the index value n is the sample index of CLKIN 140. 
5 Fractional position indicator 216 is initialized to 0 during the initial 

summation, i.e., S (0) = 0 , and the desired value of Fsout is known prior to 
performing the initial S(m) calculation. The term a(n) will be described 
further in detail below. 

In one embodiment of the present invention, the fractional position 

10 indicator 216 generated by digital sampling positioner 208 may indicate a 
position in time within a predetermined range from the center sample of the 
predetermined number of consecutive samples. The predetermined range 
may vary from system to system and is dependent upon the interpolator 202 
being used for electronic system 100. For one example of the embodiment 

15 shown, the fractional position indicator 216 generated by digital sampling 
positioner 208 indicates a position within half the distance in time from the 
center sample to the previous sample and half the distance in time from the 
center sample and the succeeding sample. In another embodiment, fractional 
position indicator 216 may indicate, for example, a position in time within 

20 one-third the distance in time from the center sample to the previous sample 
and one-third the distance in time from the center sample and the succeeding 
sample. 

As stated previously, buffer pointer 214 is a pointer generated by 
digital sampling positioner 208 that points to an address in buffer 206 that 
25 indicates the location in buffer 206 to select a predetermined number of 
consecutive samples. Buffer pointer 214 is a function of the fractional 
position indicator 216, a(n) , and the previous buffer pointer position and 
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may be determined by summation block 316 using the following 

mathematical formula: BP{m) = S (m - 1) + a(n) - BP(m - 1) , 

where m is the sample index of upsampled output 134,<5(0) = Oand 

5/>(0)=0. 

5 Referring again to FIG. 3, counter block 314 receives independent 

clock signals CLKIN 140 and CLKOUT 142 and computes the NS ratio, 
indicated by NS ratio signal 330 (NS ratio 330). The NS ratio is the ratio of 
the CLKOUT frequency ( fclkout ) to the CLKIN frequency ( fclkin ). For 
example, when fclkout is 48 MHz and fclkin is 2.8224 MHz, the NS ratio is 

10 17.01. Counter block 314 provides NS ratio 330 to multiplier 310. 

Multiplier 308 receives ml (which is the ratio of the CLKIN frequency, 
fclkin and the sampling rate Fsi ) and a(n) , and provides its output to 
multiplier 310. Multiplier 310 multiplies the output of 308 and NS ratio 330 
and provides its output to summation block 302. 

15 Multiplier 304 receives 1- K2 , where K2 is a damping integration 

constant used to increase stability of digital sampling positioner 208, and 
l(n) , which is the output of summation block 302. Multiplier 304 multiplies 
1- K2 and I(n) and provides its output to multiplier 318 and summation 
block 302. Mathematically I(n) may be represented as: 

20 /(«) = I(n -1) • (1 - K2) + {a(n-l) • ml - NS - m2] + K3 • PFLAG • BP(m) , 

where a(n) = (I(n - 1) • Kl) +a(n - 1) , K3 is the gain assigned to the position 
feedback, PFLAG is the position flag, ml, m2 , K2 , and NS are as 
previously described, n\s the sample index of CLKIN 140, and Kl is the 
gain constant dependent upon the input and output sample rates Fs and 

25 Fsout . 

Multiplier 306 receives buffer pointer 214 from summation block 316 
and the position flag (PF) multiplied by K3 primarily to determine the 
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number of slots in buffer 206 that are empty and to prevent overflow or 
underflow in buffer 206. The position flag (PF) is used to indicate whether a 
threshold, defined by a range of predetermined number of slots in buffer 206, 
is filled with samples. The range used for a particular threshold may vary 
5 and is selected based upon the current value of the position flag. For the 
example shown in FIG. 2 where buffer 206 has 64 slots, when position flag 
is 0, a first threshold may be set such that 8 < X < 56 , where X is the number 
of slots filled. In other words, when more then 8 slots but less than 56 slots 
are filled in buffer 206 and position flag is currently set to 0, then position 
10 flag remains at 0. In this condition underflow or overflow is unlikely and it 
is not necessary for 302 to use the position feedback. When the first 
threshold criteria is not met and the position flag is 0, then the position flag 
transitions to 1 . 

A second threshold may be set such that when position flag is 1 and 
15 16 < X < 48 , then position flag is set to 1 . In other words, when more then 16 
slots but less than 48 slots are filled in buffer 206 and position flag is 
currently set to 1, then position flag remains at 1. In this condition 
underflow or overflow is likely and it is necessary for 302 to use the position 
feedback. When the second threshold criteria is not met and the position flag 
20 is 1, then the position flag transitions to 0. In normal operation, position flag 
will be zero since typically the number of slots filled in buffer 206 meets the 
first threshold criteria. Upon initialization of digital amplifier system or 
when a user has made a new "selection", the position flag is set to 1 and 
buffer pointer feedback 214 is fed through multiplier 306 from summation 
25 block 316. 

Summation block 302 receives the negative of ml (which is the ratio 
of the CLKOUT frequency fclkout and the sampling rate Fsout ) and the 
output of multipliers 304, 306, and 310, and performs a summation operation 
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on the inputted values. The resulting summation value, /(n) , is provided to 
multiplier 318 and multiplier 304. Multiplier 3 1 8 multiplies the output of 
summation block 302 with gain constant Kl and provides its output to 
summation block 320, where the output of multiplier 318 is added to the 
5 previous value of the output of summation block 320, a(n) . The output of 
summation block 320, a(n) , is also provided as input to summation block 
316. 

Summation block 316 receives the output of multiplier 312, which is 
upsample ratio 136 multiplied by new data (ND) 220, the output of 

10 summation block 320 (a(n) )> and the previous value output by summation 
block 316 (<5(m-l) and BP(m-\)). As stated previously, new data 220 is 
used to represent whether new data (new upsampled processed input 132), 
has been input into buffer 206. New data 220 may be, for example, a single 
bit value set to 1 when new data is input to interpolator 102 or set to 0 when 

15 there is no new data that has been input into interpolator 102. Upsample 

ratio 136 is primarily used by summation block 316 to determine the number 
of new samples 132 being pushed into buffer 206 from interpolator 102. The 
use of upsample ratio 136 at summation block 316 offsets the push of 
samples into buffer 206. In one embodiment, the output of summation block 

20 316 includes an integer portion and fractional (decimal) portion, wherein the 
integer portion of the output of the summation is contained in BP(m) and the 
fractional portion of the output of the summation is contained in 6 (m) . 

Referring back to FIG. 1, upsampled output 134 is provided to digital 
amplifier 108, which may be, for example, a pulse width modulated digital 

25 amplifier (as shown in FIG. 1) or a pulse density modulated digital amplifier. 
Digital amplifier 108 receives upsampled output 134 as a digital input signal, 
typically in pulse code modulation (PCM) format, and produces output 
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signal 144 (output 144), which may be in the form of a switching signal or a 
pair of switching signals which accurately represent upsampled output 134. 
In one embodiment of the present invention, a low pass filter may reside in 
or be external to digital amplifier 108 and output 144 may be provided to 
5 speaker 1 18 in analog format. Output 144 is provided to speaker 1 1 8 for 
audio output to be listened to by the end user of the digital amplifier system. 

In one example of one embodiment of the present invention, assume a 
CD has been selected by the user of the electronic system 100. The 
sampling rate Fs is 44.1 KHz, the upsample ratio u is 16, the sampling rate 

10 is Fsi is 705.6 KHz, the CLKIN frequency fclkin is 2.8224 MHz, ml is 4, 

fclkout is 48 MHz, NSis 17 9 Fsout is 750 KHz, m2is 64, Kl is 2" 31 , K2 is 2~ 10 , 
K3 is 2" 4 , PF is 0, 6(0) is 0, BP(fl) is 0,1(0) is 0.5, and a(0) is 1. Assume 
that slots SI - S64 have been filled with a series of samples and no new data 
has been received by buffer 206 during the current clock cycle, i.e., ND = 0. 

15 Selecting a value of mand n at a later time after start-up of electronic system 
100 such that m = 161313 and n = 606093 , summation block 316 of digital 
sampling positioner 208 calculates a(606093) = 0.939367 , 1(606093) = 4.138448 , 
(5(161313) = 0.055911 and 5P(161313) = 63 . Selector 204 receives the buffer 
pointer value and selects the predetermined number of consecutive samples 

20 from buffer 206 beginning at the buffer pointer location (SP(161313) = 63). 
Lagrange interpolator 202 receives the predetermined number of consecutive 
samples (5 samples in this case) beginning at #P(161313) = 63 and the 
fractional indicator value (<5 (161313) = 0.055911) and generates output 134 at a 

sample rate of 150MHz . 
25 Embodiments of the present invention have been described in 

reference to using an asynchronous sample rate converter to generate a 
buffer pointer and fractional position indicator. The digital sampling 
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positioner of the asynchronous sample rate converter generates the buffer 
pointer and the fractional position indicator using independent clock signals. 
Having the digital sampling positioner utilize independent clock signals may 
allow for relatively low jitter since the CLKOUT signal 142 can be based on 
5 a low jitter source like a crystal oscillator or low noise PLL. 

In the foregoing specification, the invention has been described with 
reference to specific embodiments. However, one of ordinary skill in the art 
appreciates that various modifications and changes can be made without 
departing from the scope of the present invention as set forth in the claims 

10 below. The block diagrams may include different blocks than those 

illustrated and may have more or less blocks or be arranged differently. For 
example, blocks 106 and 208 shown in FIG. 1, FIG. 2, and FIG. 3 may be 
implemented in software or hardware. Accordingly, the specification and 
figures are to be regarded in an illustrative rather than a restrictive sense, and 

15 all such modifications are intended to be included within the scope of present 
invention. 

In one embodiment of the present invention a digital rate converter 
includes a first interpolator, a buffer, selection circuitry coupled to the 
buffer, a second interpolator, and a digital sampling positioner. The first 

20 interpolator includes an input that receives a data signal at a first sampling 
rate based on a first clock signal. The first interpolator has an output to 
provide a data signal at a second sampling rate, wherein the second sampling 
rate is greater than the first sampling rate as per an upsampling factor. The 
buffer includes a plurality of buffer positions and an input coupled to the 

25 output of the interpolator to receive the data signal provided by the output. 
The second interpolator is coupled to the selection circuitry. The selection 
circuitry provides values of a subset of buffer positions of the plurality of 
buffer positions to the second interpolator dependent on a position indicator. 
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The second interpolator has a data output that provides a data output signal 
at a third sampling rate, wherein the third sampling rate is based on a second 
clock signal. The first clock signal and the second clock signal are 
independent of each other. The output of the second interpolator provides an 
5 output value dependent upon a fractional indicator. The digital sampling 
positioner includes a first output that provides the position indicator and a 
second output that provides the fractional indicator. 

One embodiment of the present invention includes a method of 
converting a data signal at an input sampling rate to a data signal at an output 

10 sampling rate in a digital rate converter. The input data signal is upsampled 
at a input sampling rate to an intermediate data signal at an intermediate 
sampling rate, wherein the intermediate sampling rate is greater than the 
input sampling rate as per an upsampling factor. Sample values of the 
intermediate data signal are stored into buffer positions of a buffer. A 

15 plurality of buffer position values from a first subset of buffer positions of 
the buffer are provided to an interpolator. The buffer positions that make up 
the first subset are dependent upon a position indicator. An output data 
signal is provided at the output of the interpolator at an output sampling rate, 
wherein a value of the output data signal is dependent upon a fractional 

20 indicator provided to the interpolator. The input sampling rate is based on a 
first clock signal and the output sampling rate is based on a second clock 
signal, wherein the first clock signal and the second clock signal are 
independent of each other. 

In one aspect of the present invention a digital rate converter includes 

25 a first interpolator, a buffer, selection circuitry coupled to the buffer, a 

second interpolator, and a digital sampling positioner. The first interpolator 
includes an input that receives a data signal at a first sampling rate, wherein 
the first sampling rate is based on a first clock signal that has a frequency 
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that is greater than the first sampling rate. The first interpolator has an 
output to provide a data signal at a second sampling rate. The second 
sampling rate is greater than the first sampling rate as per an upsampling 
factor. The buffer includes a plurality of buffer positions and an input 
5 coupled to the output of the first interpolator to receive the data signal 

provided by the output. The second interpolator is coupled to the selection 
circuitry. The selection circuitry provides values of a subset of buffer 
positions of the plurality of buffer positions to the second interpolator 
dependent on a position indicator. The second interpolator has a data output 

10 that provides a data output signal at a third sampling rate. The third 

sampling rate is based on a second clock signal that has a frequency that is 
greater than the third sampling rate. The first clock signal and the second 
clock signal are independent of each other. The output of the second 
interpolator provides an output value dependent upon a fractional indicator. 

15 The digital sampling positioner includes a first output for providing the 

position indicator and a second output for providing the fractional indicator. 
The position indicator and the fractional indicator are dependent upon a 
previous value of the position indicator and a previous value of the fractional 
indicator. 

20 Benefits, other advantages, and solutions to problems have been 

described above with regard to specific embodiments. However, the 
benefits, advantages, solutions to problems, and any element(s) that may 
cause any benefit, advantage, or solution to occur or become more 
pronounced are not to be construed as a critical, required, or essential feature 

25 or element of any or all the claims. 
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